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Description

Field of the invention

[0001] The present invention relates to rendering of an M-channel input on S speakers, when S is less than M.

Background of the invention

[0002] Portable devices such as cell-phones and tablets have become increasingly popular and are now very common.
They are frequently used for media playback including movies and music, e.g. from YouTube or similar sources. In order
to achieve an immersive listening experience, portable devices are often equipped with multiple independent speakers.
For example, a tablet may be equipped with two top-layer speakers and two bottom-layer speakers. Further, the devices
are usually equipped with multiple independent power amplifiers (PAs) for the speakers, to make the device flexible for
playback control.
[0003] At the same time, multichannel audio content, i.e. content with more than two channels, e.g., 5.1, 5.1.2, is
becoming more common. The multichannel audio can be either originally produced or converted from other formats,
e.g., object-based audio or by various up-mixing methods.
[0004] There are different approaches to rendering multichannel audio to portable devices having fewer speakers than
the number of channels. One approach to rendering a 5.1.2 audio signal (eight channels) to a four-speaker tablet is to
render the height channels of input signal to the two top-layer speakers. To keep the playback sound balanced in terms
of top-layer speakers and bottom-layer speakers, the direct channels (i.e., the non-height channels) are rendered to the
two bottom-layer speakers. One example of such a rendering approach is provided by WO2017/165837.
[0005] However, prior art rendering approaches have not taken the time-varying behavior of the input audio channels
into account.
[0006] US 2012/308049 A1 describes an apparatus for generating at least one audio output signal representing a
superposition of at least two different audio objects comprises a processor for processing an audio input signal to provide
an object representation of the audio input signal, where this object representation can be generated by a parametrically
guided approximation of original objects using an object downmix signal. An object manipulator individually manipulates
objects using audio object based metadata referring to the individual audio objects to obtain manipulated audio objects.
The manipulated audio objects are mixed using an object mixer for finally obtaining an audio output signal having one
or several channel signals depending on a specific rendering setup.
[0007] US 2016/142843 A1 describes an audio processor having an input interface, a detector interface, a mixer and
an output interface. The input interface receiving at least two input audio channels, each input audio channel being
associated with a predetermined reproduction position of at least two loudspeakers on at least one loudspeaker axis.
The detector interface receiving a position signal indicating an information on a position of the at least two loudspeakers
with respect to an ear axis of a listener, wherein the ear axis and the at least one loudspeaker axis have an angle to
each other, being greater than 0° and lower than 180°. The mixer mixing the at least two input audio channels to obtain
the at least two output channels depending on the position signal.
[0008] US 2017/034639 A1 describes a method of reproducing a multi-channel audio signal including an elevation
sound signal in a horizontal layout environment is provided, thereby obtaining a rendering parameter according to a
rendering type and configuring a down-mix matrix, and thus effective rendering performance may be obtained with
respect to an audio signal that is not suitable for applying virtual rendering. A method of rendering an audio signal
includes receiving a multi-channel signal includes a plurality of input channels to be converted into a plurality of output
channels; determining a rendering type for elevation rendering based on a parameter determined from a characteristic
of the multi-channel signal; and rendering at least one height input channel according to the determined rendering type,
wherein the parameter is included in a bitstream of the multi-channel signal.

General disclosure of the invention

[0009] It is an object of the present invention to provide a more dynamic rendering approach based on the input audio.
[0010] According to a first aspect of the present invention, this and other objects are achieved by an audio renderer
for rendering a multi-channel audio signal having a number M of channels to a portable device having a number S of
independent speakers, wherein S<M, comprising a first matrix application module for applying a primary rendering matrix
to the input audio signal to provide a first pre-rendered signal suitable for playback on the multiple independent speakers,
a second matrix application module for applying a secondary rendering matrix to the input audio signal to provide a
second pre-rendered signal suitable for playback on the multiple independent speakers, a channel analysis module
configured to calculate mixing gain according to a time-varying channel distribution, and a mixing module configured to
produce a rendered output signal by mixing the first and second pre-rendered signals based on the mixing gain, wherein
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the channel analysis module determines the mixing gain based on an energy distribution among the input channels
and/or a diffuseness distribution among the input channels.
[0011] According to a second aspect of the present invention, this and other objects are achieved by a method for
rendering a multi-channel audio signal having a number M of channels to a portable device having a number S of
independent speakers, wherein S<M, comprising applying a primary rendering matrix to the input audio signal to provide
a first pre-rendered signal suitable for playback on the multiple independent speakers, applying a secondary rendering
matrix to the input audio signal to provide a second pre-rendered signal suitable for playback on the multiple independent
speakers, calculating mixing gain according to a time-varying channel distribution, and mixing the first and second pre-
rendered signals based on the mixing gain to produce a rendered output signal, wherein the the mixing gain is calculated
based on an energy distribution among the input channels and/or a diffuseness distribution among the input channels.
[0012] The invention is based on the realization that a multichannel audio input may have a varying number of active
channels. By providing several (at least two) different rendering matrices, and selecting an appropriate mix of rendering
matrices based on an analysis of the input signal, a more efficient rendering on the available speakers can be achieved.
[0013] In extreme cases, the rendered output will correspond to one of the pre-rendered signals, in other cases it will
be a mix of both.
[0014] The secondary rendering matrix can be configured to ignore at least one of the channels in the input audio
format. This may be appropriate when one or several channels of the input signal are relatively weak, and thus no longer
significantly contribute to the rendered output. One example of channels that may be weak during periods of time, are
height channels, i.e. channels intended for playback on (height) speakers located above the listener, or at least higher
than the other (direct) speakers.
[0015] A specific example relates to 5.1.2 audio, i.e. audio having left, right, center, left rear, right rear, LFE, and
left/right height channels. During some periods, for example the height channels may be relatively weak, in which case
the 5.1.2 signal degenerates to a 5.1 signal, i.e. six channels instead of eight. In that situation, the original rendering
matrix (adapted for 5.1.2) may lead to the unbalanced loudness between top-level and bottom-level speakers. According
to the present invention, the rendering may be dynamically adjusted to focus on the currently active channels. So, in the
given example, the input audio can be rendered using a rendering matrix adapted for 5.1 instead of a rendering matrix
adapted for 5.1.2. The following detailed description will provide more detailed examples of rendering matrices.

Brief description of the drawings

[0016] The present invention will be described in more detail with reference to the appended drawings, showing
currently preferred embodiments of the invention.

Figure 1 is a block diagram of an audio renderer according to an embodiment of the present invention.
Figure 2 is a flow chart of an embodiment of the present invention.
Figure 3a-b show two examples of four-speaker layouts of a portable device landscape orientation, corresponding
to up/down firing (figure 3a) and left/right firing (figure 3b).

Detailed description of currently preferred embodiments

[0017] Systems and methods disclosed in the following may be implemented as software, firmware, hardware or a
combination thereof. In a hardware implementation, the division of tasks does not necessarily correspond to the division
into physical units; to the contrary, one physical component may have multiple functionalities, and one task may be
carried out by several physical components in cooperation. Certain components or all components may be implemented
as software executed by a digital signal processor or microprocessor, or be implemented as hardware or as an application-
specific integrated circuit. Such software may be distributed on computer readable media, which may comprise computer
storage media (or non-transitory media) and communication media (or transitory media). As is well known to a person
skilled in the art, the term computer storage media includes both volatile and non-volatile, removable and non-removable
media implemented in any method or technology for storage of information such as computer readable instructions, data
structures, program modules or other data. Computer storage media includes, but is not limited to, RAM, ROM, EEPROM,
flash memory or other memory technology, CD-ROM, digital versatile disks (DVD) or other optical disk storage, magnetic
cassettes, magnetic tape, magnetic disk storage or other magnetic storage devices, or any other medium which can be
used to store the desired information and which can be accessed by a computer. Further, it is well known to the skilled
person that communication media typically embodies computer readable instructions, data structures, program modules
or other data in a modulated data signal such as a carrier wave or other transport mechanism and includes any information
delivery media.
[0018] An embodiment of the present invention will now be discussed with reference to the block diagram in figure 1,
and the flow chart in figure 2.
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[0019] The method is executed in a real-time manner. Initially, a multi-channel input audio is received (e.g. decoded)
in step S1, and a set of rendering matrices are generated in step S2 based on the number M of received channels and
number S of available speakers. Each rendering matrix is configured to render M received signals into S speaker feeds,
where S<M. In the illustrated example, the set includes an primary (default) matrix and a secondary (alternative) matrix,
but one or several additional alternative matrices are possible. In step S3, each matrix is applied to the input signal by
matrix application modules 11, 12 to generate pre-rendered signals for further mixing. In a parallel step S4, the input
audio is analyzed by a channel analysis module 13. In step S5, a gain is calculated by the analysis module 13, e.g.
based on the energy distribution among channels. This gain is further smoothed by a smoothing module 14 in step S6,
and then input to a mixing module 15, which also receives the output from the matrix application modules 11, 12. In step
S7, the mixing module 15 mixes (weighs) the pre-rendered signals based on the smoothed gain, and outputs a rendered
audio signal. Details of the rendering process will be discussed in the following.

Rendering matrixes

[0020] Given an M-channel input signal and a S-speaker device, the general rendering process can be represented
as the equation below: 

where x is a M-dimensional vector denoting the input signal, y is a S-dimensional vector denoting the rendered signal,
R is a S3M rendering matrix. For the rendering matrix R, the rows correspond to the speakers, while columns correspond
to the channels of input signal. The entries of the rendering matrix indicate the mapping from channels to speakers.
[0021] Given a portable device with S independent speakers (S > 2), and primary rendering matrix Rprim and the
secondary rendering matrix Rsec will be determined according to the number of input channels M. Both the Rprim and
Rsec have the same size S3M. Specifically, the matrixes Rprim and Rsec can be written as 

where, the Rprim is the optimal matrix for rendering the input M-channel audio, while the Rsec is the optimal matrix for
a degenerated signal, i.e. an M-channel audio signal including only D relevant channels (D<M) and one or several
channels which have an insignificant contribution and may be ignored. The rendering matrix Rsec is thus also an SxM
matrix, but has one or several zero columns (a zero column will result in zero contribution from one of the M channels).
When the two rendering matrixes Rprim and Rsec are applied to the input signal x, two pre-rendered signals yprim and
ysec, are generated: 

[0022] In general, a multichannel audio usually comprise four categories of channels:

1) Front channels, i.e., Left, Right, and Center channel (L, R, C)
2) Listener-plane surround channels, e.g., Left/Right Surround (Ls/Rs) of 5.1 / 5.1.2 / 5.1.4 etc., or Left/Right Rear
Surround (Lrs/Rrs) of 7.1/7.1.2/7.1.4 etc.
3) Height channels, e.g., Left/Right Top (Lt/Rt) of 5.1.2/7.1.2/9.1.2 etc.,
Left/Right Top Front/Rear (Ltf/Rtf, Ltr/Rtr) of 5.1.4/7.1.4/9.1.4, etc.
4) LFE channel.
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[0023] Given the target speaker layout, the primary matrix defined in equation (2) can be re-written as a blocking matrix: 

where F, R, and H are the number of front, surround and height channels respectively, and li correspond to the coefficients
of LFE.
[0024] The secondary matrixes Rsec can be derived from Rprim with one or more zero columns.
[0025] Some more specific examples of rendering matrices according to embodiments of the present invention will
be discussed in the following.
[0026] Figure 3a and 3b illustrate two examples of a portable device, here a tablet in landscape orientation, which
device is equipped with a plurality of independently controlled loudspeakers. In both examples the device has four
speakers a-d (S=4). In figure 1a, the speakers are arranged on the upper and lower sides of the device, and thus include
two speakers a, b emitting sound upwards, and two speakers c, d emitting sound downwards. In figure 1b, the speakers
are arranged on the left and right sides of the device, and thus include two upper speakers a, b emitting sound sideways,
and two lower speakers c, d also emitting sound sideways.
[0027] In the present example, a 5.1 .2-channel audio signal (M=8) is played back on the portable device in figure 3a
or 3b.
[0028] In this case, the primary matrix Rprim can be defined by 

where the row index 1 to 4 corresponds to speaker a to d respectively, and column index 1 to 8 corresponds to L, R, C,
Ls, Rs, LFE, Lt, Rt channel of 5.1.2 format.
[0029] During a period when the height channels of the original 5.1.2 signal are approximately silent, the audio signal
degenerates to a 5.1 signal plus two channels which may be ignored. Therefore, the secondary rendering matrix Rsec1
can be defined by 

where the last two columns are zeros which corresponds to the two silent height channels Lt and Rt.
[0030] It should be noted that there can be multiple secondary rendering matrices RsecX for a given device and an
input signal. In the above example of rendering 5.1.2 audio to four speakers, if the surround channels Ls, Rs also are
approximately silent, in addition to the height channels, the signal degenerates to a 3.1 signal only containing the C, L,
R and LFE channels, and a set of channels that may be ignored. In that case, a corresponding secondary matrix Rsec2
becomes 

[0031] In practice, if there are multiple secondary matrixes, the proper secondary matrix will be chosen dynamically
based on the channel analysis described below.
[0032] In addition to ensuring efficient rendering of the input signal, there is also a challenge to ensure that all input
channels (e.g. height channels) are clearly distinguishable after rendering. This is due to the small distances between
speaker locations in a portable device. Taking the example of height channels, they are likely to be rendered to speakers
that are relatively close to the speakers for non-height channels. This will lead to spatial collapse in terms of height sound
image.
[0033] In order to alleviate the spatial collapse and to make height channels distinguishable after rendering, it is critical
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to generate the proper entries of rendering matrix Rprim. Specifically, it is desirable to render the majority of height
channels to top speakers while rendering front channels to the bottom speakers. This will alleviate the height channels
"sinking into" the front channels.
[0034] For the example mentioned above, the entries of Rprim can be set to 

[0035] Alternatively, the entries of Rprim can be set to 

[0036] In both examples above, the columns (from left to right) correspond to the channels L, R, C, LFE, Ls, Rs, Lt
and Rt, respectively.
[0037] The entries of a first secondary matrices Rsec1, configured to ignore the two height channels Lt and Rt (columns
7 and 8), can be set to 

[0038] The entries of a second secondary matrix Rsec2, configured to ignore the two height channels Lt and Rt (columns
7 and 8) and the two surround channels Ls and Rs (columns 5 and 6), can be set to 

[0039] In another example, a 7.1.2-channel (M=10) input signal is played back by the device in figure 3a or 3b (S=4).
In this case, the entries of Rprim can be set to 

[0040] In this case, the columns (from left to right) correspond to the channels L, R, C, LFE, Ls, Rs, Lrs, Rrs, Lt and
Rt, respectively.
[0041] The entries of the secondary matrices Rsec1 and Rsec2 can be set to 
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where Rsec1 and Rsec2 correspond to the degenerated 7.1 and 3.1 signal, respectively.
[0042] It is noted that the entries of rendering matrices Rprim and RsecX can be real constants or frequency dependent
complex vectors. For example, the entries of Rprim in equation (2) can be extended to a B-dimensional complex vector,
where B is the number of frequency bands. In the aforementioned use case, to enhance the height channels, specific
frequency bands can be modified for entries of the last two columns of Rprim in equation (2). An example of the specific
frequency bands can be 7 kHz to 9 kHz.
[0043] It is also noted, and illustrated by the above examples, that at least some of the entries of the Rprim and RsecX
matrices may be set to the same.

Channel analysis

[0044] The channel analysis module 23 aims to determine whether the input signal is degenerated or not, so that the
proper pre-rendered signal or an appropriate mixed of them can be used. The module 23 performs on a frame-by-frame
basis.
[0045] One approach is based on the energy distribution among input channels.
[0046] The aforementioned use case, with only two different rendering matrices, can be taken as an example. For the
4-speaker portable device and the 5.1.2 input signal, the gain graw is calculated by 

where rheight is the ratio between the energy of height channels and total energy, m is the power parameter, Tu and Tl
are the upper bound and lower bound respectively.
[0047] In addition to energy, the diffuseness could be an alternative or additional criterion for analyzing the input
channels. Large diffuseness tends to assign unbalanced coefficients for L/R channel between top and bottom speakers.

Adaptive smoothing and mixing

[0048] The gain graw can be further smoothed by the smoothing module 14 according to the history of the input signal.
In the current frame n (n > 1), the smoothed gain graw can be calculated as below 

where a is the smoothing parameter.
[0049] The final rendering signal y can be obtained by the mixing process as below 

[0050] If there are more than two different rendering matrixes, the rendered output will include a mix of three or more
pre-rendered signals, depending on the channel analysis.

Final remarks

[0051] As used herein, unless otherwise specified the use of the ordinal adjectives "first", "second", "third", etc., to
describe a common object, merely indicate that different instances of like objects are being referred to, and are not
intended to imply that the objects so described must be in a given sequence, either temporally, spatially, in ranking, or
in any other manner.
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[0052] In the claims below and the description herein, any one of the terms comprising, comprised of or which comprises
is an open term that means including at least the elements/features that follow, but not excluding others. Thus, the term
comprising, when used in the claims, should not be interpreted as being limitative to the means or elements or steps
listed thereafter. For example, the scope of the expression a device comprising A and B should not be limited to devices
consisting only of elements A and B. Any one of the terms including or which includes or that includes as used herein
is also an open term that also means including at least the elements/features that follow the term, but not excluding
others. Thus, including is synonymous with and means comprising.
[0053] As used herein, the term "exemplary" is used in the sense of providing examples, as opposed to indicating
quality. That is, an "exemplary embodiment" is an embodiment provided as an example, as opposed to necessarily being
an embodiment of exemplary quality.
[0054] It should be appreciated that in the above description of exemplary embodiments of the invention, various
features of the invention are sometimes grouped together in a single embodiment, figure, or description thereof for the
purpose of streamlining the disclosure and aiding in the understanding of one or more of the various inventive aspects.
This method of disclosure, however, is not to be interpreted as reflecting an intention that the claimed invention requires
more features than are expressly recited in each claim. Rather, as the following claims reflect, inventive aspects lie in
less than all features of a single foregoing disclosed embodiment. Thus, the claims following the Detailed Description
are hereby expressly incorporated into this Detailed Description, with each claim standing on its own as a separate
embodiment of this invention.
[0055] Furthermore, some of the embodiments are described herein as a method or combination of elements of a
method that can be implemented by a processor of a computer system or by other means of carrying out the function.
Thus, a processor with the necessary instructions for carrying out such a method or element of a method forms a means
for carrying out the method or element of a method. Furthermore, an element described herein of an apparatus embod-
iment is an example of a means for carrying out the function performed by the element for the purpose of carrying out
the invention.
[0056] In the description provided herein, numerous specific details are set forth. However, it is understood that
embodiments of the invention may be practiced without these specific details. In other instances, well-known methods,
structures and techniques have not been shown in detail in order not to obscure an understanding of this description.
[0057] Similarly, it is to be noticed that the term coupled, when used in the claims, should not be interpreted as being
limited to direct connections only. The terms "coupled" and "connected," along with their derivatives, may be used. It
should be understood that these terms are not intended as synonyms for each other. Thus, the scope of the expression
a device A coupled to a device B should not be limited to devices or systems wherein an output of device A is directly
connected to an input of device B. It means that there exists a path between an output of A and an input of B which may
be a path including other devices or means. "Coupled" may mean that two or more elements are either in direct physical
or electrical contact, or that two or more elements are not in direct contact with each other but yet still co-operate or
interact with each other.
[0058] Thus, while there has been described specific embodiments of the invention, those skilled in the art will recognize
that other and further modifications may be made thereto without departing from the scope of the claims. For example,
any formulas given above are merely representative of procedures that may be used. Functionality may be added from
the block diagrams and operations may be interchanged among functional blocks. Steps may be added to methods
described within the scope of the claims. For example, in the illustrated embodiments, the portable device has four
speakers (S=4). It is of course possible to have more (or less) than four speakers, which results in different matrix sizes.

Claims

1. An audio renderer for rendering a multi-channel audio signal having M channels to a portable device having S
independent speakers, wherein S < M, comprising:

a first matrix application module (11) for applying a primary rendering matrix to the input audio signal to provide
a first pre-rendered signal suitable for playback on the multiple independent speakers,
a second matrix application module (12) for applying a secondary rendering matrix to the input audio signal to
provide a second pre-rendered signal suitable for playback on the multiple independent speakers,
characterised by:

a channel analysis module (13) configured to calculate mixing gain according to a time-varying channel
distribution, and
a mixing module (15) configured to produce a rendered output signal by mixing the first and second pre-
rendered signals based on the mixing gain,



EP 3 987 825 B1

9

5

10

15

20

25

30

35

40

45

50

55

wherein the channel analysis module determines the mixing gain based on an energy distribution among
the input channels and/or
a diffuseness distribution among the input channels.

2. The audio renderer according to claim 1, wherein the secondary rendering matrix is configured to ignore at least
one of the channels in the input audio signal.

3. The audio renderer according to claim 2, wherein the input audio signal includes two height channels, and the
secondary rendering matrix is configured to ignore said height channels.

4. The audio renderer according to one of the preceding claims, wherein the input audio signal is a 5.1.2 audio signal
with eight channels (M=8), the number of independent speakers is four (S=4), and wherein the primary rendering
matrix is set to:

5. The audio renderer according to one of claims 1-3, wherein the input audio signal is a 5.1.2 audio signal with eight
channels (M=8), the number of independent speakers is four (S=4), and wherein the primary rendering matrix is set to: 

6. The audio renderer according to one of the preceding claims, wherein the input audio signal is a 5.1.2 audio signal
with eight channels (M=8), the number of independent speakers is four (S=4), and wherein the secondary rendering
matrix is set to: 

7. The audio renderer according to any one of the preceding claims, further comprising a smoothing module (14) to
smooth a mixing gain for a current frame based on mixing gains for a set of previous frames.

8. The audio renderer according to any one of the preceding claims, wherein the entries of the primary rendering matrix
and the secondary rendering matrix are real constants or frequency dependent complex vectors.

9. The audio renderer according to any one of the preceding claims, wherein at least some entries of the primary
rendering matrix are subdivided in specific frequency bands, e.g. 7 kHz to 9 kHz.

10. The audio renderer according to any one of the preceding claims, wherein at least some entries of the primary
rendering matrix and the secondary rendering matrix are equal.

11. A method for rendering a multi-channel audio signal having M channels for a portable device having S independent
speakers, wherein S < M, comprising:

applying (S3) a primary rendering matrix to the input audio signal to provide a first pre-rendered signal suitable
for playback on the multiple independent speakers,
applying (S3) a secondary rendering matrix to the input audio signal to provide a second pre-rendered signal
suitable for playback on the multiple independent speakers,
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characterised by:

calculating (S5) mixing gain according to a time-varying channel distribution, and
mixing (S7) the first and second pre-rendered signals based on the mixing gain to produce a rendered
output signal,
wherein the mixing gain is calculated based on an energy distribution among the input channels and/or a
diffuseness distribution among the input channels

12. The method according to -claim 11, wherein the input audio signal is a 5.1.2 audio signal with eight channels (M=8),
the number of independent speakers is four (S=4), and wherein the primary rendering matrix is set to: 

13. The method according to -claim 11, wherein the input audio signal is a 5.1.2 audio signal with eight channels (M=8),
the number of independent speakers is four (S=4), and wherein the primary rendering matrix is set to: 

14. The method according to one of claims -11-13, wherein the input audio signal is a 5.1.2 audio signal with eight
channels (M=8), the number of independent speakers is four (S=4), and wherein the primary rendering matrix is set to: 

15. A computer program product including computer program code portions configured to perform the steps of one of
claims 11-14 when executed on a processor.

Patentansprüche

1. Audio-Renderer zum Rendern eines Mehrkanal-Audiosignals, das M Kanäle aufweist, an eine tragbare Vorrichtung,
die S unabhängige Lautsprecher aufweist, wobei S < M, umfassend:

ein erstes Matrixanwendungsmodul (11) zum Anwenden einer primären Rendermatrix auf das Eingangsaudi-
osignal, um ein erstes vorgerendertes Signal bereitzustellen, das zur Wiedergabe auf den mehreren unabhän-
gigen Lautsprechern geeignet ist,
ein zweites Matrixanwendungsmodul (12) zum Anwenden einer sekundären Rendermatrix auf das Eingangsau-
diosignal, um ein zweites vorgerendertes Signal bereitzustellen, das zur Wiedergabe auf den mehreren unab-
hängigen Lautsprechern geeignet ist,
gekennzeichnet durch:

ein Kanalanalysemodul (13), das dazu konfiguriert ist, eine Mischverstärkung gemäß einer zeitabhängigen
Kanalverteilung zu berechnen, und
ein Mischmodul (15), das dazu konfiguriert ist, ein gerendertes Ausgangssignal durch Mischen des ersten
und zweiten vorgerenderten Signals basierend auf der Mischverstärkung zu erzeugen,
wobei das Kanalanalysemodul die Mischverstärkung basierend auf einer Energieverteilung unter den Ein-
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gangskanäle und/oder
einer Diffusitätsverteilung uner den Eingangskanälen bestimmt.

2. Audio-Renderer nach Anspruch 1, wobei die sekundäre Rendermatrix dazu konfiguriert ist, zumindest einen der
Kanäle im Eingangsaudiosignal zu ignorieren.

3. Audio-Renderer nach Anspruch 2, wobei das Eingangsaudiosignal zwei Höhenkanäle beinhaltet und die sekundäre
Rendermatrix dazu konfiguriert ist, die Höhenkanäle zu ignorieren.

4. Audio-Renderer nach einem der vorstehenden Ansprüche, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal
mit acht Kanälen ist (M=8), die Anzahl unabhängiger Lautsprecher vier beträgt (S=4) und wobei die primäre Ren-
dermatrix wie folgt eingestellt ist: 

5. Audio-Renderer nach einem der Ansprüche 1-3, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal mit acht
Kanälen ist (M=8), die Anzahl unabhängiger Lautsprecher vier beträgt (S=4) und wobei die primäre Rendermatrix
wie folgt eingestellt ist: 

6. Audio-Renderer nach einem der vorstehenden Ansprüche, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal
mit acht Kanälen ist (M=8), die Anzahl unabhängiger Lautsprecher vier beträgt (S=4) und wobei die sekundäre
Rendermatrix wie folgt eingestellt ist: 

7. Audio-Renderer nach einem der vorstehenden Ansprüche, der weiter ein Glättungsmodul (14) zum Glätten einer
Mischverstärkung für ein aktuelles Frame basierend auf Mischverstärkungen für einen Satz vorheriger Frames
umfasst.

8. Audio-Renderer nach einem der vorstehenden Ansprüche, wobei die Einträge der primären Rendermatrix und der
sekundären Rendermatrix reelle Konstanten oder frequenzabhängige komplexe Vektoren sind.

9. Audio-Renderer nach einem der vorstehenden Ansprüche, wobei zumindest einige Einträge der primären Render-
matrix in bestimmte Frequenzbänder unterteilt sind, z. B. 7 kHz bis 9 kHz.

10. Audio-Renderer nach einem der vorstehenden Ansprüche, wobei zumindest einige Einträge der primären Render-
matrix und der sekundären Rendermatrix gleich sind.

11. Verfahren zum Rendern eines Mehrkanal-Audiosignals, das M Kanäle aufweist, für eine tragbare Vorrichtung, die
S unabhängige Lautsprecher aufweist, wobei S< M, umfassend:

Anwenden (S3) einer primären Rendermatrix auf das Eingangsaudiosignal, um ein erstes vorgerendertes Signal
bereitzustellen, das zur Wiedergabe auf den mehreren unabhängigen Lautsprechern geeignet ist,
Anwenden (S3) einer sekundären Rendermatrix auf das Eingangsaudiosignal, um ein zweites vorgerendertes
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Signal bereitzustellen, das zur Wiedergabe auf den mehreren unabhängigen Lautsprechern geeignet ist,
gekennzeichnet durch:

Berechnen (S5) der Mischverstärkung gemäß einer zeitvariablen Kanalverteilung und
Mischen (S7) des ersten und des zweiten vorgerenderten Signals basierend auf der Mischverstärkung, um
ein gerendertes Ausgangssignal zu erzeugen,
wobei die Mischverstärkung basierend auf einer Energieverteilung unter den Eingangskanälen und/oder
einer Diffusitätsverteilung unter den Eingangskanälen berechnet wird.

12. Verfahren nach Anspruch 11, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal mit acht Kanälen ist (M=8), die
Anzahl der unabhängigen Lautsprecher vier beträgt (S=4) und wobei die primäre Rendermatrix wie folgt eingestellt ist: 

13. Verfahren nach Anspruch 11, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal mit acht Kanälen ist (M=8), die
Anzahl der unabhängigen Lautsprecher vier beträgt (S=4) und wobei die primäre Rendermatrix wie folgt eingestellt ist: 

14. Verfahren nach einem der Ansprüche 11-13, wobei das Eingangsaudiosignal ein 5.1.2-Audiosignal mit acht Kanälen
ist (M=8), die Anzahl der unabhängigen Lautsprecher vier beträgt (S=4) und wobei die primäre Rendermatrix wie
folgt eingestellt ist: 

15. Computerprogrammprodukt, das Computerprogrammcodeabschnitte beinhaltet, die dazu konfiguriert sind, die
Schritte eines der Ansprüche 11-14 durchzuführen, wenn sie auf einem Prozessor ausgeführt werden.

Revendications

1. Moteur de rendu audio pour rendre un signal audio multicanal présentant M canaux vers un dispositif portable
présentant S haut-parleurs indépendants, dans lequel S < M, comprenant :

un premier module d’application de matrice (11) pour appliquer une matrice de rendu primaire au signal audio
d’entrée pour fournir un premier signal prérendu adapté à la lecture sur les multiples haut-parleurs indépendants,
un second module d’application de matrice (12) pour appliquer une matrice de rendu secondaire au signal audio
d’entrée pour fournir un second signal prérendu adapté à la lecture sur les multiples haut-parleurs indépendants,
caractérisé par :

un module d’analyse de canal (13) configuré pour calculer un gain de mélange selon une distribution de
canal variable dans le temps, et
un module de mélange (15) configuré pour produire un signal de sortie rendu en mélangeant les premier
et second signaux prérendus sur la base du gain de mélange,
dans lequel le module d’analyse de canal détermine le gain de mélange sur la base d’une distribution
d’énergie entre les canaux d’entrée et/ou
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une distribution de diffusion entre les canaux d’entrée.

2. Moteur de rendu audio selon la revendication 1, dans lequel la matrice de rendu secondaire est configurée pour
ignorer au moins un des canaux dans le signal audio d’entrée.

3. Moteur de rendu audio selon la revendication 2, dans lequel le signal audio d’entrée inclut deux canaux de hauteur
et la matrice de rendu secondaire est configurée pour ignorer lesdits canaux de hauteur.

4. Moteur de rendu audio selon l’une des revendications précédentes, dans lequel le signal audio d’entrée est un
signal audio 5.1.2 à huit canaux (M = 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel
la matrice de rendu primaire est définie à :

5. Moteur de rendu audio selon l’une des revendications 1-3, dans lequel le signal audio d’entrée est un signal audio
5.1.2 à huit canaux (M = 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel la matrice
de rendu primaire est définie à : 

6. Moteur de rendu audio selon l’une des revendications précédentes, dans lequel le signal audio d’entrée est un
signal audio 5.1.2 à huit canaux (M = 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel
la matrice de rendu secondaire est définie à : 

7. Moteur de rendu audio selon l’une quelconque des revendications précédentes, comprenant en outre un module
de lissage (14) pour lisser un gain de mélange pour une trame actuelle sur la base de gains de mélange pour un
ensemble de trames précédentes.

8. Moteur de rendu audio selon l’une quelconque des revendications précédentes, dans lequel les entrées de la matrice
de rendu primaire et de la matrice de rendu secondaire sont des constantes réelles ou des vecteurs complexes
dépendants de la fréquence.

9. Moteur de rendu audio selon l’une quelconque des revendications précédentes, dans lequel au moins certaines
entrées de la matrice de rendu primaire sont subdivisées en bandes de fréquences spécifiques, par exemple 7 kHz
à 9 kHz.

10. Moteur de rendu audio selon l’une quelconque des revendications précédentes, dans lequel au moins certaines
entrées de la matrice de rendu primaire et de la matrice de rendu secondaire sont égales.

11. Procédé pour rendre un signal audio multicanal présentant M canaux pour un dispositif portable présentant S haut-
parleurs indépendants, dans lequel S < M, comprenant :

l’application (S3) d’une matrice de rendu primaire au signal audio d’entrée afin pour un premier signal prérendu
adapté à la lecture sur les multiples haut-parleurs indépendants,
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l’application (S3) deune matrice de rendu secondaire au signal audio d’entrée pour fournir un second signal
prérendu adapté à la lecture sur les multiples haut-parleurs indépendants,
caractérisé par :

le calcul (S5) d’un gain de mélange selon une distribution de canal variable dans le temps, et
le mélange (S7) des premier et second signaux prérendus sur la base du gain de mélange pour produire
un signal de sortie rendu,
dans lequel le gain de mélange est calculé sur la base d’une distribution d’énergie entre les canaux d’entrée
et/ou d’une distribution de diffusion entre les canaux d’entrée.

12. Procédé selon la revendication 11, dans lequel le signal audio d’entrée est un signal audio 5.1.2 à huit canaux (M
= 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel la matrice de rendu primaire est
définie à : 

13. Procédé selon la revendication 11, dans lequel le signal audio d’entrée est un signal audio 5.1.2 à huit canaux (M
= 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel la matrice de rendu primaire est
définie à : 

14. Procédé selon l’une des revendications 11-13, dans lequel le signal audio d’entrée est un signal audio 5.1.2 à huit
canaux (M = 8), le nombre de haut-parleurs indépendants est quatre (S = 4) et dans lequel la matrice de rendu
primaire est définie à : 

15. Produit de programme informatique incluant des parties de code de programme informatique configurées pour
effectuer les étapes de l’une des revendications 11-14 lorsqu’elles sont exécutées sur un processeur.
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